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HRTFs FOR BINAURAL SYNTHESIS 
Henrik M¢ller, Dorte Hammersh¢i 
Acoustics Laboratory, Aalborg University 
Fredrik Bajers Vej 7 B4, DK-9220 Aalborg 0, Denmark 
ABSTRACT 
This paper presents the method of binaural synthesis for 
use in creation of three-dimensional sound images in 
virtual reality and multimedia applications. Special 
attention is given to the selection of head-related transfer 
functions (HRTFs), and how this choice affects the 
further processing. 
A brief introduction to spatial hearing is gi ven, 
followed by a division of the sound transmission to the 
eardrum. The selection of HRTFs for binaural synthesis 
is discussed. It is then desc ribed how the binaural 
synthesis is carried out using information on sound 
transmission in the room as input. Examples of 
headphone characteristics are given, and it is described 
how the correct eardrum signals are obtained by 
headphone reproduction. 
1. INTRODUCTION 
The hearing has two inputs: sound pressure at the two 
eardrums. From these inputs the hearing creates an image 
of the acoustical surroundings, determines direction and 
distance to sound sources, extracts sound from a single 
source in noisy surroundings etc. 
The fac t that the input to the auditory system 
consists of the two eardrum sound pressures only, is 
utilized in the binaural recording technique. Sound is 
recorded in the ears of a human subject (or an acoustical 
mannequin, an artificial head) and played back through 
headphones. 
The three dimensional effect is overwhelming. The 
acoustics of the recording room is precisely reproduced, 
sources can be perceived in all directions, including up 
and down, and they can come close to the lis tener, down 
to a few centimeters from the ear. 
Thus, if a listener is given the correct sound at the 
two eardrums, he may be given an auditory perception 
that differs from the perception corresponding to his 
actual physical situation. 
In binaural recording, the ro le of the head (whether 
human or artificial) is to transform each sound wave into 
two sound pressures, one for each ear. If suffic ient 
knowledge is available about the transmission to the ears 
for sound from "all" directions (as many as we can 
discriminate), then it is possible to program a computer 
to simulate the transmission. The art of artific ially 
creating the eardrum signals is called binaural synthesis. 
Because of the possibility of rendering audible 
situations which do not exist in real life, binaural 
synthesis has a great potential m virtual reality and 
multimedia applications. 
A brief summary of spatial hearing and the sound 
transmission from a free field to the eardrum is given in 
Sections 2 and 3 of this paper. Sec tion 4 mentions the 
sound transmission in the room, information on which is 
needed as a prerequisite for the binaural synthesis . 
Calculation of the room transmiss ion is not an issue in 
the present paper. The binaural synthesis process is 
described in Section 5 . 
The head-re lated transfer functions, the HRTFs, for 
the sy nthesis may be measured on human, individually or 
non-individually, or they may originate in measurements 
on artific ial heads. Possible sources for HRTFs are 
discussed in Section 6. 
The computer generated signals are typically 
reproduced by headphones, because these readily provide 
the necessary channel separation. To obtai n the correct 
eard rum signals the synthesis must be supplemented by 
a correction fil ter, an equalization. Section 7 deals with 
headphone performance on human listeners and the 
needed equa lisation. 
The material presented in this paper was obtained in 
investigations which are reported more thoroughly 
in ( 1)- (10). Some practical aspects of binaural synthesis, 
e.g. HRTF fi lter representation, spatial resolution, update 
rate and latency are given in a parallel paper [11 ). 
2. SOUND TRANSMISSION TO THE EARDRUM 
The sound transmission to each of the eardrums depends 
on direction to the sound source. Various effects like 
re flection, d iffraction, shadowing, di spersion, interference 
and resonance are involved in a complex acoustical 
system formed by the body , head, pinna, ear canal and 
eardrum. The hearing localizes using interaural 
differences in level and time as well as coloration of the 
sound signal. 
Figure l shows the sound transmission to the 
eardrums of one subject for sound coming from the left 
side. Left frame shows the transmission given in the time 
domain as impulse responses, and the right frame shows 
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Figure l. Sound transmission to the eardrum given in the 
time domain (left frame) and the frequency domain (right 
frame). One subject, sound incidence from left side. 
Zradiation Zeardrum 
+ 
Pblocked ear canal P open ear canal Peordrum 
Zear canal Zradiotion Zearconal 
Figure 2. Sound transmission throught external ear. 
Sketch of anatomy (left) and analog model (right) . 
the transmission given m the frequency domain as 
amplitude responses. 
The sound reaches the left ear approximately 0.6 ms 
before it reaches the right ear. The sound level in the 
right ear is lower than in the left ear, and especially the 
high frequencies are attenuated. 
If the sound arrives from a source in the median 
plane, the sound transmission is almost the same to the 
two ears. Only a coloration - nearly identical in the two 
ears - serves as a cue in localization, and it may be 
difficult to hear the exact direction. 
3. SPLITTING UP THE TRANSMISSION 
Despite the fact that it is the objective in binaural 
synthesis to control the eardrum signals in the final 
reproduction, it has proven useful and more convenient 
to let the synthesis simulate the transmission to a point 
more distal in the ear canal. This is most easily 
understood by using a model of the transmission of 
sound to the eardrum. The model is given by the diagram 
in Figure 2. 
The transmission outside the ear canal is represented 
by a Thevenin equivalent circuit, cons1stmg of the 
impedance seen from the ear canal into the free air 
zradiation and the generator p blocked ear canal· "Blocked'' 
refers to the "open circuit" situation, which is obtained by 
blocking the ear canal, thereby rendering the volume 
velocity zero. 
If Preference denotes sound pressure at the center 
position of the head, but with the subject absent, then the 
sound transmission can be divided into three parts in the 
following way: 
p eardrum 
preference ( l) 
p blocked ear canal . p open ear canal . p eardrum 
preference P blocked ear canal p open ear canal 
The first term is a head-related transfer function 
(HRTF). The second term is the pressure division 
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Figure 3. Parts of sound transmission to the eardrum 
shown for three directions: head-related transfer function 
(left), pressure division (center), transmission along ear 
canal (right) . 
____ 
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ea_r_c...,,an_a_, _ _ , while the last term describes the 
Z ear canal + Z radiation 
transmission along the ear canal. 
The three terms are shown for one subject and three 
angles of sound incidence in Figure 3. The way the 
sound reaches the ear canal does not affect the 
transmission within the ear canal. As a consequence, only 
the first term, the HRTF, depends on direction of sound 
incidence. The two remaining terms are the same, 
regardless of direction. 
Thus, the HRTFs describe the directional dependent 
transmission of sound from the free field to the blocked 
ear canal. In the binaural synthesis described in 
Section 5, HRTFs are used to compute the blocked ear 
canal sound pressures. How this synthesis can secure the 
correct sound pressure at the eardrums by proper 
equalization of the headphone is described in Section 7. 
Due to anatomical differences, all elements of the 
sound transmission to the eardrum are highly individual. 
The term head-related transfer function is sometimes 
defined in such a manner that it includes the pressure 
div ision and possibly also the transmission along the ear 
canal (or a part of it). However, full spatial information 
is included at the blocked ear canal, and the smallest 
effect of interindividual variation is seen here, since the 
inclusion of any additional transmission will add 
variation. 
4. ROOM TRANSMISSION 
Before the binaural signals can be computed, the physical 
transmission in the room from source to listener must be 
known. For each sound source, the resulting sound at the 
listener's position can be described as a number of 
attenuated and delayed sound waves reaching the listener 
from various directions: One wave reaching the listener 
directly, some firs t order reflections, i.e. sound waves 
which have been reflected in one room surface, some 
second order reflections, and a large number of higher 
order reflections (in theory an infinite number, but for 
practical purposes it is possible to use a finite number). 
In the present presentation, the calculation of the 
room transmission is not considered part of the binaural 
synthesis, and it is not covered by the present paper. Of 
course, the result of the calculation constitutes an 
important input to the synthesis. 
5. BINAURAL SYNTHESIS 
In the binaural synthesis, pressure in the two ears are 
computed, given descriptions of all incoming sound 
waves at the position of the listener. For this purpose 
HRTFs are used. The HRTFs are most often used in the 
time domain, that is as head-related impulse responses 
(HRIRs). 
The blocked ear canal pressures for the two ears 
PteJlt) and Prigh/t) resulting from a si~gle sound wave 
s(t) can be obtained by convolut1on with the two sides 
HRIR1eJlt) and HR!Rrigh/t) of the HRIR for the 
appropriate direction: 
p leJrCt) = HRIR left(t) * s(t) 
p right(t) = HRIR right(t) * s(t) 
(2) 
If the sound field consists of N sound waves, each 
described by the direction L.(i) and the time signal s/t), 
then the resulting sound pressures at the blocked ear 
canals can be found by summation: 
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Figure 4. Examples of head-related impulse responses, 
HRIRs. Left and right part in heavy and thin li nes, 
respectively. 
N 
Ptef,(t) =L HRIR1~ft.L(i)(t) *s/t) 
i=I (3) 
N 
P right(!) =L 
i=I 
HR/Rright,L(i) (t),. s;(t) 
HR!Rlefr, L(i) and HRIR,ighr, L(i) are the two sides of the 
HRIR for direction L(i). 
For binaural synthesis, the computer should hold a 
database of HRIRs. Each HRIR has a duration of 1-2 ms. 
For a 48 kHz sampli ng frequency this corresponds to 
48-96 taps in an Fffi filter. Figure 4 shows examples of 
HRIRs with the left part given as heavy lines and the 
right part as thin lines. 
Head-related transfer functions can be spl it into a 
minimum phase part, a linear phase part (that is a delay), 
and an all -pass phase part. An example is given in 
Figure 5. 
In binaural synthesis it is essentia l to include the 
minimum phase part and the linear phase part. At present 
it is unknown, what effect the all-pass phase part has on 
the sound quality. 
If the various sound waves described by their time 
signal s,{t) originate in the same source signal s(t), then 
(4) 
where the RIR;(t) describes the room transmission for the 
i'th transmission path. RIR/ t) will consist of delay and 
attenuation corresponding to the propagated distance in 
combination with a filtering from the walls or other items 
hit on the way. A possible directional characteristic of the 
N 
source will also be included. The sum L RIR i (r) is 
i=I 
known as the room impulse response (RIR). 
Equation (3) can now be rewritten: 
N 
Pieft(t) = L HRIR/eji.L(i)(t) *RfRi(t) *S(l) 
i=I 
N 
Prigit/t) = L HRIR,iglu.L(i)(r) *RIR; (t) * S(l) 
i=I 
(5) 
Those parts of the summations in equation (5) 
which depend on the transmissio n path consti tute each 
their part of the binaural room impulse response (BRIR). 
N 
BRIR14/t ) = L HR!Rlejr.L(i)(t) .,.RfR;(t) 
i=I 
N 
BRIR,igi/t) = L, HR/Rrigltt,L(i)(t) * RIR;(t) 
i=l 
Equation (5) can now be written 
PteJi(t) = BRIRLeJi (t) * s(t) 
p righ/t) = BRIR rigit/t) * s (t) 
(6) 
(7) 
The part of the BRIR which is significant for the 
auditory impression has a duration in the same order of 
magnitude as the reverberation time for the particular 
room. The number o f taps in a 48 kHz implementation of 
the FIR fil ters of equation (7) may thus amount to 
30-100,000, or - in the case of large rooms or concert 
halls - even more. 
At present, commercial hardware ~ available that is 
able to perform the convolution in real time. On the other 
hand, it is assumed that only the direct sound and the 
early reflections must be calculated accurately. and that 
o ther methods, for instance statis tical methods, may be 
used to calculate late reflections and the last part of the 
BRIR. the reverberation. It is also believed that late pares 
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Figure 5. Three examples (each their column) of HRIRs 
disregarding linear phase (upper row), their minimum-
phase counterparts (middle row), and their all-pass phase 
(lower row). 
of the BRIR may be common to a specific room, thus 
only demanding update of the early parts in dynamic 
systems. A clarification of these issues is aimed at in 
laboratories worldwide, since simplifications are 
considered a precondition for the commercial succes of 
binaural synthesis for low-cost multimedia applications. 
6. SELECTION OF HRTFs 
The geometry of humans varies considerably, and ideally 
the HRTFs used in the binaural synthesis (and the 
headphone transfer function used for the equalization) 
should originate from the particular listener. This is, 
however, not possible in practical applications. Most 
conveniently, it should be possible to use the same 
binaural synthesis for a ll listeners. 
A very logical solution would be to measure HRTFs 
on an artificial head, since artificial heads are constructed 
with the objective of simulating 'the acoustics of an 
average human. 
In order to - among other things - explore the 
possibility of using the same binaural signal for all 
people, a number of experiments were carried out at our 
laboratory. The localization performance of 20 subjects 
was studied when they listened: 
in real life, 
to binaural recordings made in their own ears, 
to binaural recordings made in the ears of other 
humans selected randomly, 
to binaural recordings made in the ears of a 
carefully selected typical human (same for all 
listeners), and 
to binaural recordings made with artificial heads. 
Note that recordings were used rather than synthesized 
binaural signals. This leaves out possible errors from the 
room modelling. 
The results for median plane sound sources are 
given in Figure 6. In each frame stimulus direction is 
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Figure 6. Median-plane performance of 20 subjects tn 
real li fe and with three types of binaural recordings. 
given at the horizo ntal axis and response direction at the 
vertical axis. The area of each circle indicates number of 
responses for the particular combination of sti mulus and 
response. Correct responses are at the diagonal. (Results 
from listening to recordings made in the subject's own 
ears are nearly identical to those of real li fe listening and 
therefore not shown) . 
The local ization performance is quite good in real 
life, although not perfect (upper left frame). Much more 
errors are seen, when listening to binaural recordings 
made in the ears of other humans , chosen at random 
(upper right frame). It proved possible to find a typical 
human, the recordings from whom resulted in much 
better performance, in fact a performance not much 
inferior to that of real life (lower left frame). The largest 
number of localization errors were seen wi th recordings 
from artificial heads (lower right frame) . 
In this figure, results from all artific ial heads are 
pooled, and differences between heads are concealed. 
F igure 7 shows the percentage of median-plane errors for 
each make of head put into the ranking of human heads. 
Despite the intention with the artificial heads, they are all 
in the bad half of the humans. 
A poss ible recommendation on this background 
would be to use HRTFs measured in the ears of a 
carefully selected human subject. HRTFs from artificial 
heads cannot be recommended at present. 
7. REPRODUCTION WITH HEADPHONES 
The binaural synthesis described in the preceding sections 
simulates the real li fe sound transmission only to the 
blocked ear canal and not the entire way to the eardrum. 
Assuming that the remaining transmission to the eardrum 
is the same during headpho ne listening and in real life, 
then the headphone should have a flat frequency response 
measured at the blocked ear canal. 
Figure 8 shows frequency responses of three 
headphones, each measured at the blocked ear canal of 
40 subjects. The responses are far from being flat, and 
equalization is needed. Indi vidual variations are clearly 
seen, and individual equalizatio n may be re levant. 
The above assumption about the remaining 
transmission being the same during headphone listening 
and in real life can be verified by splitting up the 
transmission into the pressure di vision and the 
transmission a long the ear canal. 
The transmission along the ear canal in the 
headphone situation is physically the same and therefore 
identical to tha t of the real life situation. Only the 
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F igure 7. Median-plane performance with recordings 
from human heads ("recording head" given by initials). 
Performance with artificial heads indicated by arrows. 
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Figure 8. Frequency response of three sample headphones 
measured at the blocked ear canal of 40 human subjects. 
zear canal I pressure division is changed to . t 
zear canal + zheadphone 
differs from that of the real life listening situation, since 
the radiation impedance is replaced by Z1zeadplwne' the 
acoustical impedance of the headphone as seen from the 
ear canal. If Z1zeadphone and Zradiazion are identical, or if 
they are both small compared to Zear canal' then the 
pressure division will be the same in the two situations. 
F igure 9 shows pressure divisions measured on one 
subject in real life and when listening to three 
commercial headphones. Only minor differences are seen 
between real life and with headphones. · 
8. DISCUSSION 
It was mentioned in Section 3 that the sound pressure at 
the blocked ear canal contains full spatial information, 
and it was further argued that it had the smallest effect of 
interindividual variation . The consequence of this is that 
HRTFs determined at the blocked ear canal have a more 
general applicability, with respect to the use for listeners 
other than the subject, which the HRTFs were determined 
for. 
Apart from that, the blocked ear canal 
measurements also offer a number of practical 
advantages. The most immediate is that the microphone 
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Figure 9. Pressure division in free field (th in line) and 
with three sample headphones (heavy line). Measurements 
on one human subject. 
mounting becomes relatively easy, especially compared 
to the critical and often unpleasant measurements at the 
eardrum. Since the m icrophone can be mounted in the 
blockage, it can be larger and provide a better sensitivity 
than the probe microphones typically used for eardrum 
measurements. 
One advantage which should also be stressed is that 
using blocked ear canal HRTFs, no measurements need 
ever be made at the eardrum . This has been overlooked 
by some, who believe that the transmission from blocked 
entrance to eardrum must be determined once for a ll. 
This is not correct. As stated in Section 7, the filters for 
correcting the headphone characteristics shall also be 
determined by measurements at the blocked entrance, and 
the measurements at the eardrum are thus completely 
avoided. 
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